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Method for improving the quality of data transmission 

[0001] This is a Continuation of International Application No. 
PCT/FI01/00606, which was filed on June 25, 2001, which designated the 
U.S., and was filed in the English language. 



FIELD OF THE INVENTION 

[0002] The invention relates to a method for improving the quality of 
data transmission in cellular radio systems utilizing time division multiple ac- 
cess in near-far situations. 

BACKGROUND OF THE INVENTION 

[0003] Time Division Multiple Access or TDMA represents one way 
of dividing restricted radio frequency resources between several users. In time 
division multiple access systems, each frequency band is divided into time 
slots. Each user obtains a transmission or reception turn in a specific time slot. 
Time division multiple access requires a pulse-like transmission, meaning that 
each sender sends signal in a specific time slot and ends the transmission 
when the time has ran out. Consequently a need arises to ramp up and to 
ramp down the power of the transmitter as rapidly as possible in order to use 
the specific transmission turn efficiently and to disturb the other users of the 
same frequency as little as possible. In practice, the transmission pulses 
spread out from the ideal rectangle shape and slide slightly over one another, 
thus interfering with one another at the beginning and end of the pulse. In 
practice a rectangle pulse is not used, as it causes interference to the fre- 
quency spectrum, wherefore safety times have been defined in the GSM sys- 
tem (Global System for Mobile Communication) to ramp up and ramp down 
the power. If the latest received pulse in the detection is weak and the previ- 
ously received pulse is strong, it is obvious that the spread of the pulses 
causes interference to the first symbols of the weaker pulse. 

[0004] The filters in the receiver as well as the radio channel spread 
impulse response, thus causing interference. How much impulse response the 
filters spread, depends on the number of taps in the filter that deviate from 
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zero: the larger the number of taps the wider the impulse response becomes. 
Then again, the idea is to obtain as much as possible of the energy in the re- 
ceived signal to the impulse response. The longer the impulse response of the 
filter in the receiver is, the more of the energy in the received signal is obtained 
into the impulse response estimate. 

[0005] Generally time division multiple access is associated for ex- 
ample with frequency division multiple access. An example of such a system is 
the GSM, in which a 200 kHz frequency band is divided into eight time slots, 
each one being 577 us long. A part of the time slot is allocated to ramp up and 
ramp down the power, each user in the system therefore has 542,8 us or 147 
bits of effective message transmission time. 

[0006] Currently a need is created to increase the data transmission 
rate also in wireless data transmission in order to be able to transfer data in 
addition to speech and to offer, for example, wireless Internet services to the 
end users of the telecommunications systems. Such a development has in- 
creased the requirements for the interference tolerance of the systems, since 
a higher data transmission rate requires a more efficient modulation method, 
and a more efficient modulation method results in a system that is more liable 
to interference. 

[0007] In cellular radio networks large radio cells, or macro cells, 
can be formed. Then the operators may cover geographically large areas with 
a few base stations. The solution is advantageous in sparsely inhabited areas, 
where traffic is scarce and therefore only a few radio channels are needed in 
each cell. However, the near-far problem has to be resolved in macro cells. 
Such a problem is created in a situation in which the base station receives 
transmission from both a subscriber terminal located near the base station and 
from a subscriber terminal located far from the base station. A signal arriving 
from far attenuates along the way and a signal arriving from nearby may effi- 
ciently interfere with it. The worst situation occurs if both transmitters employ 
the same frequency and are placed in adjacent time slots. 

BRIEF DESCRIPTION OF THE INVENTION 

[0008] It is an object of the invention to provide a method for im- 
proving the quality of data transmission in cellular radio systems utilizing time 
division multiple access, particularly in near-far situations, and an apparatus 
for implementing the method. This is achieved with the method for improving 
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the quality of data transmission in cellular radio systems utilizing time division 
multiple access, in which the strength of a signal received at a base station is 
measured and a decoder for soft decision-making is employed. The method 
comprises the steps of measuring the strength of the signal the base station 
receives in at least two consecutive time slots, determining a first weighting 
coefficient by comparing the strength of the signal the base station receives in 
a time slot with the strength of the signal the base station receives in a previ- 
ous time slot, determining a second weighting coefficient by comparing the 
strength of the signal the base station receives in a time slot with the strength 
of the signal the base station receives in a following time slot, reducing by 
means of the first determined weighting coefficient in soft bit decision-making 
the significance of at least one symbol at the beginning of the burst the base 
station receives in a time slot if the difference between the measured signal 
strengths is considerable, reducing by means of the second determined 
weighting coefficient in soft bit decision-making the significance of at least one 
symbol at the end of the burst the base station receives in a time slot if the 
difference between the measured signal strengths is considerable. 

[0009] The invention also relates to a method for improving the 
quality of data transmission in cellular radio systems utilizing time division mul- 
tiple access, in which the strength of a signal received at a base station is 
measured and a decoder for soft decision-making is employed. The method of 
the invention comprises the steps of measuring the strength of the signal the 
base station receives in at least two consecutive time slots, determining a first 
weighting coefficient by comparing the strength of the signal the base station 
receives in a time slot with the strength of the signal the base station receives 
in a previous time slot, reducing by means of the first determined weighting 
coefficient in soft bit decision-making the significance of at least one symbol at 
the beginning of the burst the base station receives in a time slot if the differ- 
ence between the measured signal strengths is considerable. 

[0010] The invention further relates to a method for improving the 
quality of data transmission in cellular radio systems utilizing time division mul- 
tiple access, in which the strength of a signal received at a base station is 
measured and a decoder for soft decision-making is employed. The method of 
the invention comprises the steps of measuring the strength of the signal the 
base station receives in at least two consecutive time slots, determining a sec- 
ond weighting coefficient by comparing the strength of the signal the base sta- 
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tion receives in a time slot with the strength of the signal the base station re- 
ceives in a following time slot, reducing by means of the second determined 
weighting coefficient in soft bit decision-making the significance of at least one 
symbol at the end of the burst the base station receives in a time slot if the 
difference between the measured signal strengths is considerable. 

[0011] The invention also relates to a base station receiver improv- 
ing the quality of data transmission in cellular radio systems utilizing time divi- 
sion multiple access, which receiver measures the strength of a received sig- 
nal and employs a decoder for soft decision-making. The base station of the 
invention comprises means for measuring the strength of the signal the base 
station receives in at least two consecutive time slots, means for determining a 
first weighting coefficient by comparing the strength of the signal the base sta- 
tion receives in a time slot with the strength of the signal the base station re- 
ceives in a previous time slot, means for determining a second weighting coef- 
ficient by comparing the strength of the signal the base station receives in a 
time slot with the strength of the signal the base station receives in a following 
time slot, means for reducing by means of the first determined weighting coef- 
ficient in soft bit decision-making the significance of at least one symbol at the 
beginning of the burst the base station receives in a time slot if the difference 
between the measured signal strengths is considerable, means for reducing by 
means of the second determined weighting coefficient in soft bit decision- 
making the significance of at least one symbol at the end of the burst the base 
station receives in a time slot if the difference between the measured signal 
strengths is considerable. 

[0012] The invention further relates to a base station receiver im- 
proving the quality of data transmission in cellular radio systems utilizing time 
division multiple access, which receiver measures the strength of a received 
signal and employs a decoder for soft decision-making. The base station of 
the invention comprises means for measuring the strength of the signal the 
base station receives in at least two consecutive time slots, means for deter- 
mining a first weighting coefficient by comparing the strength of the signal the 
base station receives in a time slot with the strength of the signal the base sta- 
tion receives in a previous time slot, means for reducing by means of the first 
determined weighting coefficient in soft bit decision-making the significance of 
at least one symbol at the beginning of the burst the base station receives in a 
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time slot if the difference between the measured signal strengths is consider- 
able 

[0013] The invention further relates to a base station receiver im- 
proving the quality of data transmission in cellular radio systems utilizing time 
division multiple access, which receiver measures the strength of a received 
signal and employs a decoder for soft decision-making. The base station of 
the invention comprises means for measuring the strength of the signal the 
base station receives in at least two consecutive time slots, means for deter- 
mining a second weighting coefficient by comparing the strength of the signal 
the base station receives in a time slot with the strength of the signal the base 
station receives in a following time slot, means for reducing by means of the 
second determined weighting coefficient in soft bit decision-making the signifi- 
cance of at least one symbol at the end of a burst the base station receives in 
a time slot if the difference between the measured signal strengths is consid- 
erable. 

[0014] The invention is based on the idea that the strength of a sig- 
nal received in each time slot of the same frequency band is determined in the 
base station and that the signal of each time slot is compared with a signal of 
a previous time slot. Consequently it can be established whether the strength 
difference between the signals of consecutive time slots is significant, and the 
weighting coefficient can be determined. If the strength difference is consider- 
able, the weighting coefficient ranges between 0 and 1 , then the first symbols 
and/or last symbols of the weak pulse are weighted in the soft decision-making 
decoder. The greater the strength difference between the signals received in 
adjacent time slots, the smaller the weighting coefficient. The reliability of the 
detection can thus be improved, whereas the significance of unreliable sym- 
bols in a weak pulse decreases. Actual bit decisions in soft decision-making 
are not altered in the method. The method improves the reliability of the de- 
tection without interfering with the operation of a channel equalizer, and 
therefore without misinterpreting the information obtained concerning the state 
of the radio channel. 

[0015] The preferred embodiments are disclosed in the dependent 

claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0016] In the following the invention will be described in greater 
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detail by means of the preferred embodiments with reference to the accompa- 
nying drawings, in which 

[0017] Figure 1 illustrates an example of a data transmission sys- 
tem, 

[0018] Figure 2 illustrates an example of a near-far problem, 

[0019] Figure 3 illustrates an example of a TDMA burst, 

[0020] Figure 4 illustrates an example of a TDMA bursty near-far 

situation, 

[0021] Figure 5 shows a solution of a receiver structure that allows 
to reduce the errors caused by the near-far problem in detection, 

[0022] Figures 6a to c are flow charts showing the method steps for 
improving the reliability of signal detection in a near-far situation in a TDMA 
system. 

DETAILED DESCRIPTION OF THE INVENTION 

[0023] Figure 1 illustrates in a simplified manner a digital data 
transmission system, in which the solution of the invention can be applied. 
What is concerned is a part of a cellular radio system that comprises a base 
station 104 having a radio connection 108 and 110 with subscriber terminals 
100 and 102, which may be fixedly located, vehicle mounted or portable hand- 
held terminals. The base station 104 also communicates with a base station 
controller 106, which transmits the terminal connections 100, 102 to other 
parts of the network or to a public switched telephone network. The base sta- 
tion controller 106 controls several base stations 104 communicating therewith 
in a centralized manner. A control unit located in the base station controller 
106 carries out call control, mobility management, collection of statistical data 
and signalling. 

[0024] Figure 2 illustrates in a simplified manner a near-far problem 
that mainly occurs in macro cells in cellular radio systems. In Figure 2 the base 
station 104 receives transmission 202, 204 from two subscriber terminals, one 
of which 100 being placed on the border of a macro cell 200 and thus far from 
the base station and the other one 102 being placed near the base station 
104. 

[0025] The signal 204 arriving from a longer distance attenuates 
more on the radio path than the signal arriving from close by, for example by 
being absorbed and scattered owing to obstacles such as formations in the 
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terrain, buildings and medium, like rain. Even if the system uses transmission 
power control, like the GSM system, the power control dynamics may be in- 
adequate, as the signal strength difference in a receiver of the base station 
may reach 50 dB or 60 dB. The multi-path propagation attenuating the signal 
also increases as the distance between the transmitter and receiver antennas 
increases. A problem that arises in signal attenuation is that the signal-to- 
noise ratio deteriorates. When the signal-to-noise ratio deteriorates the bit er- 
ror ratio, or the number of erroneous bits among all bits, increases. When the 
signal has attenuated excessively, for example, because a transmitter is too 
far from the receiver or if too much interference occurs on the radio path, then 
signal detection becomes impossible. 

[0026] Figure 3 is an example illustrating an end 304 of a TDMA 
burst. A vertical axis 300 shows signal strength and a horizontal axis 302 
shows time. The vertical axis is logarithmic. The Figure shows that the signal 
does not attenuate immediately at the end of the burst, but the signal remains 
"ringing" for a while, meaning that attenuation requires a certain time that de- 
pends on for example the selected modulation method, the form of the carrier 
wave and the signal power. During this time, a second signal employing the 
same frequency is sent in the TDMA system, which signal the system has pro- 
vided with the following time slot. The signals of different time slots are there- 
fore spread partly over each other, thus interfering with one another. A pulse- 
like signal spreads as described also at the front edge of the pulse. 

[0027] Figure 4 illustrates how signals sent in different time slots 
spread at the beginning and at the end of the pulse over each other. A vertical 
axis 400 shows signal strength and a horizontal axis 402 time. Each pulsed 
signal 404, 406 and 408 is placed in a time slot of the same length. The sig- 
nals 404, 406 are sent from a point near the base station and they are ap- 
proximately 50 dB stronger than a signal 408, which is sent from a point far 
from the base station. The situation shown in Figure 4 occurs when the size of 
the cell is adequate, i.e. in macro cell applications or in such network solutions 
in which cells having a wider area are connected with cells having a smaller 
area, for instance in the umbrella solutions where the basic coverage is im- 
plemented by means of a large cell at such places which are heavily trafficked, 
or have extensive capacity requirements, and where one or more small cells 
are also provided and placed beneath the large cell or "umbrella". 

[0028] Figure 4 shows that the interference the more powerful sig- 
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nal causes to the less powerful signal can be considerable in comparison with 
the strength of the less powerful signal at the beginning 410 and end 412 of 
the pulse. Thus an erroneous bit decision can be made in the detector for 
some first and last bits. Depending on the detector and the error detection and 
correction methods (such as coding and interleaving) as well as the number of 
erroneous bit decisions, the detector either recovers from an erroneous deci- 
sion or the detection of the symbol string fails. 

[0029] Figures 6a to c show the method steps for improving the re- 
liability of the signal detection in the above TDMA system in a near-far situa- 
tion. The method starts from block 600. In block 602 the strength of a received 
signal is measured in at least two consecutive time slots. The method utilizes 
measurements that determine the strength of the signal received at the base 
station, for example the RSSI definition (Received Signal Strength) of the 
GSM system. 

[0030] Next in block 604 the weighting coefficients are determined 
for each signal in the soft decision-making of the channel decoding by com- 
paring the strength of the signal received at the base station with the strength 
measurement value of the signal received in a previous time slot preferably 
stored in the base station memory. The weighting coefficient K w i ranges be- 
tween 0< K w i<1 . The weighting coefficient K w i can be determined as follows 

K W 1 = g^(SRp-SR c ), where 

g n represents a freely selectable scalar, function or functionality by 
which the weighting coefficient is scaled between 0<K w i<1, where n repre- 
sents an integer number, 

SR p represents the strength of the signal received at the base sta- 
tion in a previous time slot, 

SR C represents the strength of the signal received at the base sta- 
tion in a time slot to be detected. 

[0031] The method allows to calculate the weighting coefficients, 
which can still be scaled to suit the system. The scaling coefficients g n can 
either have the same values for all the bits in the same time slot, in which case 
91= 92 = ■•• = 9n or they may bit-specifically all have different values, or some 
of them may have the same values and some of them may have different val- 
ues. Furthermore, if necessary, the scaling coefficient g n may also be de- 
pendent on the difference SR f -SR C between the signal strengths. 

[0032] Next in block 606 the weighting coefficients are determined 
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for each signal in the soft bit decision-making of the channel decoding in the 
base station by comparing the strength of the signal received at the base sta- 
tion preferably with the strength measurement value of the signal received in 
the following time slot stored in the base station memory. The weighting coef- 
ficient K W 2 ranges between 0<K W 2<1. The second weighting coefficient K W 2 
can be determined in the same way as the weighting coefficient K w i as fol- 
lows 

K W 2 = g^(SR f -SR C ) , where 

g n represents a freely selectable scalar, function or functionality by 

which the weighting coefficient is scaled to range between 0<K W 2<1 , where n 
represents an integer number, 

SR f represents the strength of the signal received at the base sta- 
tion in a subsequently received time slot, 

SR C represents the strength of the signal received at the base sta- 
tion in a time slot to be detected. 

[0033] The method allows to calculate the weighting coefficients, 
which can still be scaled to suit the system. The scaling coefficients g n can 
either have the same values for all the bits in the same time slot, in which case 
gi= 92 = ■• = gn or they may bit-specifically all have different values, or some 
of them may have the same values and some of them may have different val- 
ues. Furthermore, if necessary, the scaling coefficient g n may also be de- 
pendent on the difference SR f -SR C between the signal strengths. 

[0034] In a following block 608 a predetermined number of sym- 
bols, referring to a character string comprising one or more bits, is weighted by 
means of the first weighting coefficient K w i determined at the beginning of the 
burst, i.e. the pulse in the soft decision-making of the channel decoding, if the 
strength difference between the signal in the soft decision-making of the chan- 
nel decoding and the signal received in the previous time slot is considerable 
enough. 

[0035] In block 608 the bits at the beginning of the pulse in the soft 
decision-making are weighted for example as follows 
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i 



valn_ 



gl (SR p -SR c ) 0 

0 g 2 (SR p -SR c ) 



g n (SR p -SR c ) 0 



where 

S'vaM ■•• S'valn represents a soft bit decision that succeeds the 

weighting, 

Svall ■■• Svaln represents an original soft bit decision, 

§ n represents a freely selectable scalar, function or functionality by 

which the weighting coefficient is scaled between 0-1 , where n represents an 
integer number, 

SR p represents the strength of the signal received at the base sta- 
tion in a previous time slot, 

SR C represents the strength of the signal received at the base sta- 
tion in a time slot to be detected. 

[0036] Correspondingly in block 610 a predetermined number of 
symbols, referring to a character string comprising one or more bits, is 
weighted by means of the second weighting coefficient K W 2 determined at the 
beginning of the burst, i.e. the pulse in the soft decision-making of the channel 
decoding, if the strength difference between the signal in the soft decision- 
making of the channel decoding and the signal received in the previous time 
slot is considerable enough. 

[0037] In block 610 the bits at the end of the pulse in the soft deci- 
sion-making are weighted for example as follows 
S „ 

gj(SR f -SR c ) 0 0 0 

0 g 2 (SR f -SR c ) 0 0 



where 
weighting, 



0 0 g n (SR f -SR c ) 

S'vah ... S' V aln represents a soft bit decision that succeeds the 

Svall-.- S va in represents an original soft bit decision, 

g n represents a freely selectable scalar, function or functionality by 
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which the weighting coefficient is scaled between 0-1, where n represents an 
integer number, 

SR f represents the strength of the signal received at the base sta- 
tion in a following time slot, 

SR C represents the strength of the signal received at the base sta- 
tion in a time slot to be detected. 

[0038] It should be noted that the scaling coefficients gi... g n can 
either have the same values for all bits in the same time slot, in which case 
91= 92 = ■•- = gn or they may bit-specifically all have different values, or some 
of them may have the same values and some of them may have different val- 
ues. Furthermore, if necessary, the scaling coefficient g n may also be de- 
pendent on the difference between the signal strengths. 

[0039] The strength difference between the received signals is of- 
ten significant in a near-far situation illustrated in Figure 2. It is preferable to 
set a threshold value for the use of the weighting coefficients that may for ex- 
ample equal a 40 dB strength difference for the received signals. The choice 
of a threshold value depends on the system in use, for example on the cell 
size. The symbols are weighted after channel correction, wherefore the bit er- 
ror ratios determined from the radio channel are not changed and therefore 
the quality data of the channel is not distorted. The advantage of the method is 
that the probability of the authenticity in a soft bit decision is taken into account 
in channel decoding, and thus the effect of unreliable decisions to the detec- 
tion of the entire information bit string to be coded is reduced. 

[0040] Simulations have shown that as regards small signal-to- 
noise ratio values different weighting coefficients do not provide significant 
differences for the bit error ratios, and therefore the weighting coefficients can 
be selected to suit each situation fairly freely between 0<K w i<1 and 0<K W 2<1, 
if the aim is to improve the capacity of the system with small signal-to-noise 
ratios in particular. 

[0041] It should be noted that according to a preferred embodiment 
of the invention the method may be used to determine both weighting coeffi- 
cients K w i and K W 2, or only one of them. Figure 6a shows how both weighting 
coefficients K w i and K W 2 are determined, and how the weighting coefficient 
K w i is used to reduce the significance of the bits at the beginning of the burst 
in the soft decision-making of the channel decoding and how the weighting 
coefficient K W 2 is used to reduce the significance of the bits at the end of the 
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burst in the soft decision-making of the channel decoding. Figure 6b shows 
how the weighting coefficient K w i is determined, and how the significance of 
the bits at the beginning of the burst in the soft decision-making of the channel 
decoding detected by means of the weighting coefficient K w i is reduced. Fig- 
ure 6c shows how the weighting coefficient K W 2 is determined and how the 
significance of the bits at the end of the burst in the soft decision-making of the 
channel decoding detected by means of the weighting coefficient K W 2 is re- 
duced. 

[0042] Arrow 612 illustrates the repeatability of the method in each 
time slot. The method ends in block 614. 

[0043] Figure 5 shows a receiver solution that can be used to re- 
ia duce the errors caused by the near-far problem in the detection. The receiver 

shown in Figure 5 merely illustrates the essential structural parts of the pre- 
| ferred embodiment of the invention required in signal detection, and focuses 

on describing the channel equalizer and the receiver structures associated 
« therewith. For example RF or radio frequency parts and baseband parts are 

# not described herein. The signal received in block 500 is filtered in order to 

;t, restore the signal distorted on the channel into the original data flow using 

symbol error probability that depends on the interference factors, such as the 
"* inter-system interference ISI. Typically a matched filter is employed. As to the 

|j application of the invention, the choice of filter or planning method is not es- 

iH sential, and they will therefore not be described in greater detail in this context. 

Different filter planning methods are commonly known in the art. 

[0044] Next the signal is filtered in a pre-filter 506. The input signals 
of the pre-filter 506 are the output signals of block 500 and block 504. 

[0045] An impulse response is estimated in block 502, and the input 
signal thereof is a received, sampled and filtered signal. The impulse response 
is estimated in accordance with the prior art by cross-correlating the received 
samples with a known sequence. An impulse response estimation method, 
which is applied to known systems and employed for example in the GSM 
system, utilizes a known training sequence connected with the burst. In such a 
case, 16 bits of the 26-bit training sequence are used to estimate each im- 
pulse response tap. The functions described above can be implemented in 
various ways, for example, using software implemented by a processor or us- 
ing an apparatus implementation, such as a logic built up of discrete compo- 
nents or using ASIC (Application Specific Integrated Circuit). 
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[0046] The tap coefficients of the pre-filter 506 and a channel 
equalizer 508 are calculated in block 504. An output signal of block 502 func- 
tions as input signals of the block. The estimated impulse response values can 
be used to determine the tap coefficients of the pre-filter. The pre-filters may 
either be of FIR (Finite Impulse Response) or MR (Infinite Impulse Response) 
type, but not matched filters. The MR filters require less parameters, less 
memory and calculation capacity than the FIR filters, which have an equally 
smooth stop band, but the MR filters cause phase distortion. As to the applica- 
tion of the invention, the choice of filter or planning method is not essential, 
and therefore they are not explained in greater detail in this context. Various 
filter planning methods are commonly known in the art. 
y [0047] Block 508 presents a channel equalizer, which aims to cor- 

ip rect the distortion that has appeared to the signal on the radio channel. The 

!g input signals of block 508 are the output signals of blocks 504 and 506. Vari- 

£ ous types of channel equalizers are generally known in the art. In practice the 

£ most common ones are a linear equalizer, a non-linear decision feedback 

'* equalizer DFE and a Viterbi algorithm based on a Maximum Likelihood re- 

* ceiver. As regards the Viterbi algorithm the optimization criterion of the equal- 

t izer is the error probability of the sequence. The equalizer can be implemented 

X for example using a linear FIR type filter. Such an equalizer can be optimized 

using various optimization criteria. The error probability is non-linearly de- 
X pendent on the coefficients of the equalizer, and thus the most common prac- 

tical optimization criterion is a Mean-Square Error MSE, or error power 

I ~ I 2 
J . = Ell, -L\ , where 
mm I k k\ 

J mm re P resents tne mean-square error name, 
1^ represents a reference signal, 
I k represents a reference signal estimate, and 
E represents the expected value. 

[0048] As regards the application of the invention the choice of 
equalizer or optimization method are not essential, and they will therefore not 
be explained In greater detail in this context. Various optimization methods of 
different equalizers are commonly known in the art. 

[0049] The functions described above can be implemented in many 
ways, for example, using software implemented by a processor or using an 
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apparatus implementation, such as a logic build up of discrete components or 
using ASIC. 

[0050] The strength of the received signal is determined in block 
510. The signal strength can be defined utilizing the available measurements 
carried out by the cellular radio system; the GSM system may, for example, 
utilize the RSSI (Received Signal Strength Indicator) measurement. In block 
514 the last determined signal strength value is compared with the signal 
strength value received in the previous time slot stored in the memory 512. 
The weighting coefficient K w obtained from the comparison and scaled with 
the possibly appropriate scaling coefficient g is used to weight the symbols to 
be decoded in a decoder 516. It should be noted that two weighting coeffi- 
y, cients are determined for each signal to be channel decoded: one for the 

0 symbols (K w -|) at the beginning of the pulse and the other for the symbols 
vC (K W 2) at the end of the pulse as shown in flow chart 6. 

C [0051] The input signals of the decoder 516 are the output signals 

1 of blocks 508 and 514. 

45 [0052] In channel coding systematic redundancy is added to the 

L signal that is used for error detection and correction in the channel decoder. 

U Redundancy is added in parity bits. The parity bits are calculated from infor- 

I'U mation bits using specific channel coding algorithms. The channel coding algo- 

;~ rithms are known in the art and are therefore not explained in greater detail 

,ftj herein. When the signal is decoded error correction is carried out in two 

stages. First an erroneous symbol block is detected and the position of the 
error in the symbol block is indicated, then the error is corrected by inverting or 
reversing the erroneous bit, for example an erroneous 0-bit is reversed to 1-bit. 
Error detection is based on the fact that the decoder calculates the parity bits 
again and compares the recalculated parity bits with the received parity bits. 

[0053] There are two types of decoding: hard decision decoding 
and soft decision decoding. Hard decision-making comprises two quantizing 
levels whereas soft decision-making comprises several quantizing levels. In 
quantization information is lost owing to sampling, but generally eight quantiz- 
ing levels are sufficient, whereby the sample is coded using three bits. Soft 
decision-making thus approximates the non-quantized decoding. 

[0054] In the input of the decoder 516 the portion of the error ratio, 
or erroneous bits, of all bits must be small enough in order for the decoder to 
operate. If the decoder does not receive an adequate number of correct bits, it 
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starts to increase errors. Error tolerance can be improved using long and com- 
plex codes. However, it should be noted that the more complex the channel 
code is the more time it requires for decoding and the more bandwidth the in- 
formation transfer on the radio channel requires while the information rate re- 
mains the same. 

[0055] In the solutions according to the preferred embodiment of 
the invention, if the strength difference between the received pulses is consid- 
erable, the weighting coefficients K w1 and K w2 are determined to* be small, 
and the weighting coefficient K w1 is used to weight the first symbols of a weak 
pulse and the weighting coefficient K w2 is used to weight the last symbols of a 
weak pulse. If only one pulse, either the pulse preceding or succeeding the 
pulse in the soft decision-making of the channel decoding, is strong then only 
£ one of the coefficients K w1 or K w2 can be used. Consequently the significance 

g of unreliable bits can be reduced in the detection of an information block. It 

^ should be noted that the actual bit decisions are not altered. 

[0056] The operations described above can be implemented in 
# various ways, for example, using software implemented by a processor or us- 

J_ ing an apparatus implementation, such as a logic built up of discrete compo- 

\- nents or using ASIC. 

[0057] Even though the invention has been described above with 
reference to the example of the accompanying drawings, it is obvious that the 
% invention is not restricted thereto but can be modified in various ways within 

the scope of the inventive idea disclosed in the attached claims. 
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